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ABSTRACT 



Systems and methods for dynamically optimizing the fidel- 
ity of a speech signal received from a wireless telephony 
device and transmitted through a packet-switched network. 
In an exemplary embodiment, at least one Quality of Speech 
(QoS) transmission characteristic is determined for a packet- 
switched network intermediate to the a first Media Gateway 
(MGW) and a second MGW; the fidelity of speech trans- 
mitted through the packet-switched network being a func- 
tion of the QoS transmission characteristic. A speech codec 
is dynamically-selected as a function of the QoS transmis- 
sion characteristic of the packet-switched network. The 
speech signal is encoded into speech data using the 
dynamically-selected speech codec, and transmitted through 
the packet-switched network from the first MGW to the 
second MGW. The second MGW decodes the speech data 
using the dynamically-selected speech codec. 

30 Claims, 2 Drawing Sheets 
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SYSTEMS AND METHODS FOR the packet-switched network intermediate to the a first 

DYNAMICALLY OPTIMIZING THE Media Gateway (MGW) and a second MGW coupled to the 

FIDELITY OF A SPEECH SIGNAL packet-switched network; the fidelity of speech transmitted 

RECEIVED FROM A WIRELESS through the packet-switched network being a function of the 

TELEPHONY DEVICE AND TRANSMITTED 5 QoS transmission characteristic. A speech codec is 

THROUGH A PACKET-SWITCHED dynamically-selected as a function of the QoS transmission 

NETWORK characteristic of the packet-switched network. The speech 

signal is encoded into speech data using the dynamically- 
selected speech codec, and transmitted through the packet- 

TECHNICAL FIELD OF THE INVENTION 10 switched network from the first MGW to the second MGW. 

. s . t . , . , The second MGW decodes the speech data using the 

llie present invention is directed, in general, to wireless dynamically-selected speech codec, 

communications systems and, more specifically, to systems r. , 

and methods for dynamically optimizing the fidelity of a ™* ident.ficat.on of the dynam.cally-se ected speech 

speech signal received from a wireless telephony device and , . can * lso be ~mmun.cated to the w^eless telephony 

transmitted through a packet-switched network. 15 dev,ce l ° aUow 11 f enoodm g for ™' t0 a 

format for a given QoS of the packet-switched network. The 

BACKGROUND OF THE INVENTION transmission characteristic of the packet-switched net- 
work can be, for example, an average packet-delay or packet 

The world is currently experiencing revolutionary throughput. In addition, the dynamically-selected speech 

changes in communication systems, brought about in part by 20 codec can be further selected as a function of an air-interface 

the general availability of access to the Internet. In Quality Indicator (QI) provided by the wireless telephony 

particular, interest in Internet Protocol (IP) telephony, or device. In such embodiments, the fidelity of the received 

Voice over IP (VoIP), has expanded rapidly as the associated speech signal can be optimized as function of the quality of 

technologies have matured. The interoperability of IP net- both the wireless transmission path and the packet-switched 

works with other voice communications networks, such as 25 network (which can comprise or include wireless transmis- 

the Public Switched Telephone Network (PSTN) and wire- sion paths). In implementations in which the wireless com- 

less communications networks, however, is a prominent munications network conforms to the Global Standard for 

factor in the eventual success of Internet telephony. Mobile Communications (GSM), the dynamically-selected 

The telecommunications industry has also recently under- speech codec can be Enhanced Full Rate (EFR), Full Rate 

gone a revolution in the area of wireless telephony; e.g., 30 (FR), and Half Rate (HR). 

"cellular" or "mobile" devices. Wireless telecommunica- In an implementation particularly described hereinafter, 

tions networks are an adjunct to the PSTN, and depend upon the speech data is transmitted through a packet-switched 

the circuit-switched network of the PSTN for communica- network using an Internet Protocol (IP) based network layer; 

tions with conventional wired telephony devices as well as the scope of the invention, however, includes the use of 

with mobile devices. Thus, the routing of information to a 35 other packet-switched protocols, such as Asynchronous 

mobile device communicating with a wireless telecommu- Transfer Mode (ATM). In addition to the use of IP, the 

nications network has heretofore also required such infer- speech data can be transmitted using a transport layer 

mation to be routed through the PSTN. protocol such as User Datagram Protocol (UDP) or Trans- 

Because of the proliferation of both IP networks and ^ port Control Protocol (TCP), 

wireless telephony systems, it is desirable to develop sys- Upon receipt of speech data at the destination MGW, it 

tems and methods to route voice calls from wireless tele- may be necessary to encode the data into a different format 

phony devices over IP networks. One of the deficiencies of for transmission through another network. For example, if 

IP networks, however, is that such networks are not inner- the destination of the speech data is a telephony device 

ently suited to the transport of voice information. This is due ^ coupled to the Public Switched Telephone Network (PSTN), 

to the fact that such networks can suffer from delays in the destination MGW, in addition to decoding the speech 

delivering packets and limitations in bandwidth, which are data received over the packet-switched network using the 

factors related to the QoS of the IP network, thus affecting dynamically-selected speech codec, must further convert the 

the "fidelity" of the received voice information. speech data to Pulse Code Modulated (PCM) data for 

Furthermore, the QoS of the IP network may vary over the 5Q transmission over the PSTN. 

duration of a voice call. Thus, there is a need in the art for ^ f ore g 0 ing has outlined, rather broadly, the principles 

systems and methods for optimizing the fidelity of a speech of the present invention so that those skilled in the art may 

signal received from a wireless telephony device and trans- better understand the detailed description of the exemplary 

mitted through a packet-switched network, such as an IP embodiments that follow. Those skilled in the art should 

network. In particular, there is a need in the art for systems $s appreciate that they can readily use the disclosed conception 

and methods for continuously, or "dynamically," optimizing anc j exemplary embodiments as a basis for designing or 

the fidelity of such speech signals over the duration of a modifying other structures and methods for carrying out the 

voice call. same purposes of the present invention. Those skilled in the 

„ a ^ ^ Tr , lltT , art should also realize that such equivalent constructions do 

SUMMARY OF THE INVENTION ^ QOt depart from the spirft and ^ of the mventioa m its 

To address the above-discussed deficiencies of the prior broadest form, as defined by the claims provided hereinafter, 

art, the present invention relates to systems and methods for DESCRIPTION OF THE DRAWINGS 
dynamically optimizing the fidelity of a speech signal 

received from a wireless telephony device and transmitted For a more complete understanding of the present 

through a packet-switched network. In an exemplary 65 invention, reference is now made to the following detailed 

embodiment described hereinafter, at least one Quality of description taken in: conjunction with the accompanying 

Speech (QoS) transmission characteristic is determined for drawings, in which: 
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FIG. 1 illustrates an exemplary system for dynamically 
optimizing the fidelity of a speech signal received from a 
wireless telephony device and transmitted through a packet- 
switched network according to the principles of the present 
invention; 5 

FIG. 2 illustrates an exemplary Media Gateway (MGW) 
adapted in accordance with the principles of the present 
invention; and 

FIG. 3 illustrates an exemplary method for dynamically 
optimizing the fidelity of a speech signal received from a 10 
wireless telephony device and transmitted through a packet- 
switched network according to the principles of the present 
invention. 

DETAILED DESCRIPTION is 

Referring to FIG. 1, illustrated is an exemplary system 
100 for dynamically optimizing the fidelity of a speech 
signal received from a wireless telephony device and trans- 
mitted through a packet-switched network according to the 2Q 
principles of the present invention. In the exemplary system 
100, the packet-switched network is an Internet Protocol 
(IP) based network; in alternate embodiments, the packet- 
switched network can use other protocols such as Asynchro- 
nous Transfer Mode (ATM). The IP network is coupled to a 25 
wireless communications network by a Media Gateway 
(MGW) 120-A, and to a Public Switched Telephone Net- 
work (PSTN) by MGW 120-B. During a call between a 
wireless telephony device 130 (such as a mobile or "cellu- 
lar" telephone) and a second telephony device 135, the 3Q 
MGWs 120-A and 120-B are used to send and receive 
speech data to/from the IP network. Because the packets 
carrying the speech data can be delayed or lost, and the IP 
network bandwidth can be reduced due to heavy traffic, the 
Quality of Service (QoS) provided by the IP network can 35 
cause the "fidelity" of the received speech signal to be 
degraded. 

As used herein, "fidelity" is used to describe the relative 
quality of a received signal to an original signal; e.g., the 
sound heard by a user of telephony device 135 when a user 40 
of wireless telephony device 130 speaks. In the exemplary 
system 100, the fidelity of a voice signal received by 
telephony device 135 from wireless telephony device 130 is 
a function of the quality of the air interface of the wireless 
network, the QoS of the IP network, and the sampling rate 45 
of the input voice signal and resolution of the codec used for 
encoding and decoding the signal. 

As illustrated in FIG. 1, a QoS Monitor 121- A and 121-B 
is associated with each MGW 120-A and 120-B, respec- 
tively. Although each QoS Monitor is illustrated as being 50 
integral to each MGW, the function provided by a QoS 
Monitor can be implemented externally. The principles of 
the present invention are not dependent on the specific 
implementation of QoS Monitors, the implementation and 
function of which are known to those skilled in the art. The 55 
QoS Monitors monitor certain statistics of the IP network, 
such as packet delay, packet loss, and available bandwidth. 

In FIG. 1, voice communications are provided between 
wireless telephony device 130 and wired telephony device 
135 using a wireless network, an IP network, and the PSTN; 60 
the networks are coupled by MGWs 120-A and 120-B. If the 
wireless network is based on the Global Standard for Mobile 
Communications (GSM), for example, the speech of a user 
of wireless telephony device 130 can be encoded for trans- 
mission through the wireless network using a Half Rate 65 
(HR), Full Rate (FR), or Enhanced Full Rate (EFR) codec, 
as defined by the GSM standards; other defined codecs can 
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be used, however, based on other types of wireless networks, 
such as Code Division Multiple Access (CDMA) based 
wireless networks. In the conventional PSTN, the speech of 
a user of wired telephony device 135 is transmitted through 
the PSTN using 64 kbps Pulse Code Modulation (PCM). 
The object of the present invention is to dynamically select 
an optimal codec used to encode the speech data for com- 
munication through the IP network, as a function of QoS 
statistics of the IP network. 

The codec dynamically selected for encoding the speech 
data for transmission through the IP network can be, but is 
not necessarily, the same as the codec used to encode the 
speech data for transmission through the wireless network 
(e.g., HR, FR or EFR). As depicted in FIG. 1, if the encoding 
for the IP network is always to be the same as that used for 
encoding the speech data transmitted through the wireless 
network, the codec selector 122-A in MGW 120-A is not 
required (or is optional). Those skilled in the art will 
recognize that if the speech data received by MGW 120-A 
from wireless telephony device 130 is already encoded using 
a desired codec (e.g., based on previous network conditions 
or a predefined initial codec), that speech data can be 
packetized and transmitted through the IP network; i.e., no 
decoding and re-encoding is necessary. Whenever a QoS 
Monitor indicates that the codec should be changed, a 
MODE command can be sent to the wireless telephony 
device to instruct it to change its codec. Alternatively, the 
QoS Monitor 121 -A can cause the Codec Selector 122-A to 
dynamically-select a codec for decoding speech data 
received from wireless telephony device 130 and 
re -encoding that data for transmission through the IP net- 
work. In such embodiments, the speech transmitted through 
the wireless network can be encoded using a higher-quality 
codec, such as EFR, and then converted by MGW 120-A 
using a lower-quality codec for transmission through the IP 
network if the current QoS of the IP network is not 
optimally-suited to transmission of the speech data using the 
higher-quality codec. 

The identification of the dynamically-selected speech 
codec can also be communicated to the wireless telephony 
device 130 to allow it to adapt its encoding format to a 
preferred format for a given QoS of the IP network. In GSM 
networks, this can be accomplished using a MODE com- 
mand to instruct the wireless telephony device 130 to change 
its codec. In addition, the dynamically-selected speech 
codec can be further selected as a function of an air-interface 
Quality Indicator (QI) provided by the wireless telephony 
device 130. In such embodiments, the fidelity of the received 
speech signal can be optimized as function of the quality of 
both the wireless transmission path and the packet-switched 
network (which can comprise or include wireless transmis- 
sion paths). 

Upon receipt of speech data at the destination MGW 
120-B, it may be necessary to encode the data into a different 
format for transmission through another network. For 
example, as illustrated in FIG. 1, if the destination of the 
speech data is a wired telephony device 135 coupled to the 
PSTN, the destination MGW 120-B, in addition to decoding 
the speech data received over the IP network using the 
dynamically-selected speech codec, must further convert the 
speech data to 64 kbps PCM data for transmission over the 
PSTN. 

Referring now to FIG. 2, with continuing reference to 
FIG. 1, illustrated is an exemplary MGW 220 adapted to 
implement the principles of the present invention. The 
MGW220 includes a Network QoS Monitor 221-a and, 
optionally, Wireless Telephony Device QI Reception 221-b. 
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The Wireless Telephony Device QI Reception 221-6 can be and transmitted through a packet-switched network dis- 

implemented as a process to query the wireless network, or closed herein can provide a user of a wireless telephony 

wireless telephony device 130, for the QI of the air interface device with better speech quality, and a service provider will 

associated with communications between wireless tele- ga i n the benefit of better network coverage and capacity, 

phony device 130 and the wireless network. The QoS 5 Although the present invention has been described in detail, 

statistics determined by Network QoS Monitor 221-a and, those ^ lcd in the art ^ conceive of various changes, 

optionally, the QI, are provided to a Codec Selection process substitutions and alterations to the exemplary embodiments 

z* rt , „ , . M „ . . described herein without departing from the spirit and scope 

The Codec Selection process 222 uses the QoS statistics of the inveD tion in its broadest form. The exemplary 

and/or QI to query a Codec Database 224. A network 10 embodiments presented herein illustrate the principles of the 

operator can predefine the codec selection parameters, or invention and are not intended to be exhaustive or to limit 

rules; those skilled in the art are familiar with rules-based the invent ion to the form disclosed; it is intended that the 

processes for automating the configuration of a network or sm?G of the invent i on be defined by the claims appended 

system, and the principles of the present invention are not hmio, and their equivalents, 

limited to any specific selection parameters or rules. The 35 What is claimed is* 

Codec Database 224 contains the identities of a plurality of x A method for dynamically optimizing the transport of 

codecs, one of which is selected as a function of the QoS a speech signal received from a wireless telephony device 

statistics and/or QI. The selected codec 225 is then used by through a packet-switched network, said method comprising 

the MGW 220 for encoding/decoding speech data to be m e steps of: 

routed from one network to another, e.g., from the wireless ~ n , t . . 4 , t „ 1% ~ e u c\ * 

i « »u f n ». i wtu * _] . 20 determining at least one Quality of Speech (QoS) trans- 
network to the IP network, or vice versa. When speech data, . . & , . . - . j . f V , ' , 
u ^ ata * Ac * iu i - mission characteristic of said packet-switched network 
such as DATA.., is received from one network by a data . , j- . . , , u v, t /UPUA , 

j j j / j j ■ intermediate to a first Media Gateway (MGW) and a 

receiver 223, it is decoded/encoded, as necessary, using the , *,r>™ i j . -j \ , ** u j 

i * j j -lie *i_ u- it. v . second MGW coupled to said packet-switched 

selected codec 225; the resulting speech data (DATA,) is ^ ^ fldel; £ fa transm £ ted throu ^ Mid 

then transmitted by data transmitter 226 on the other net- .,<- i , •* i. j \. iu- c *• c *j * 

i m. i -ii i j • *u ♦ -11 * *u ♦ *u 25 * packet-switched network being a function of said at 

work. Those skiUed in the art wdl recogn.ze that the one transmission ^eristic; 

functional elements of MGW 220 can be implemented in . 

software, hardware, firmware, or a combination thereof; all dynamically selecting a speech codec as a function of said 

such implementations intended to be within the scope of the at least one Q° S transmission characteristic of said 

claims recited hereinafter. 30 packet-switched network; 

Referring now to FIG. 3, with continuing reference to encoding said speech signal into speech data using said 

FIG. 1 and FIG. 2, illustrated is an exemplary method 300 dynamically-selected speech codec; 

for dynamically optimizing the fidelity of a speech signal transmitting said speech data through said packet - 

received from a wireless telephony device and transmitted switched network from said first MGW to said second 

through a packet -switched network according to the prin- 35 MGW; and 

ciples of the present invention. The method 300 includes a decoding said speech data at said second MGW using said 

Step 310 in which the QoS statistics of the IP network are dynamically-selected speech codec, 

monitored. In addition to Step 310, a Step 315 can be used 2. The method recited in claim 1, further comprising the 

to receive a QI from wireless telephony device 130. Using step 0 f communicating the identification of said 

the QoS statistics and/or QI, the optimal codec is determined 40 dynamically -selected speech codec to said wireless tele- 

in Step 320; as previously noted, a network operator can phony device. 

predefine the codec selection parameters, or rules. If the 3. The method recited in claim 2, wherein said 

optimal codec is the same as the currently selected codec, dynamically-select speech codes is selected from the group 

determined in Step 330, the method preferably enters a wait consisting of: 

state (Step 350) prior to again performing the process of 45 Enhance d Full Rate; 

selecting an optimal codec. If the optimal codec is not the 

same as the currently selected codec, the codec in the MGW u a e ' ^ 

is changed in Step 340 and, if desired, a MODE command Half Rate. 

is sent to wireless telephony device 130 to instruct it to 4 - The method recited in claim 1, wherein said 

change its codec. The method 300 then enters into the wait 50 dynamically-selected speech codec is further selected as a 

step, provided by Step 350. function of an air-interface Quality indicator (QI) provided 

The duration of the wait* state provided by Step 350 can b V tireless telephony device, 
be predetermined or can be varied as a function of variations 5 - ^ method recited m claun wherem *** at least one 
in network QoS. For example, if a recent measure of packet Q ualit y of S ^ ccb W oS ) transmission characteristic of said 
delay is within a given range of an average packet delay 55 P a cket-switched network is selected from the group consist- 
statistic, the network is likely in a stable quiescent state and m § 

it is typically unnecessary to frequently determine the opti- average packet-delay; and 

mal codec. If the QoS statistics of the network, or the QI of packet throughput. 

the wireless telephony device 130, are more dynamic, 6. The method recited in claim 1, wherein said speech data 

however, it may be desirable to determine the optimal codec eo is transmitted through said packet-switched network using 

more frequently, and the duration of the wait state is an Internet Protocol (IP). 

preferably shortened. 7. The method recited in claim 6, wherein said speech data 

The present invention provides significant advantages to is transmitted through said packet-switched network using a 

communications systems, in general, and the invention is User Datagram Protocol (UDP). 

particularly advantageous for use with wireless communi- 65 8. The method recited in claim 6, wherein said speech data 

cations networks. The principles of optimizing the fidelity of is transmitted through said packet-switched network using a 

a speech signal received from a wireless telephony device Transport Control Protocol (TCP). 
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9. The method recited in claim 1, further comprising the 
step of routing said speech data decoded by said second 
MGW to a Public Switched Telephone Network (PSTN). 

10. The method recited in claim 9, wherein said step of 
decoding said speech data at said second MGW using said 
dynamically-selected speech codec comprises converting 
said speech data to Pulse Code Modulated (PCM) data. 

U. A system for dynamically optimizing the transport of 
a speech signal received from a wireless telephony device 
through a packet-switched network, said system comprising: 
means for determining at least one Quality of Speech 
(QoS) transmission characteristic of said packet- 
switched network intermediate to a first Media Gate- 
way (MGW) and a second MGW, the fidelity of speech 
transmitted through said packet-switched network 
being a function of said at least one QoS transmission 
characteristic; 

means for dynamically selecting a speech codec as a 
function of said at least one QoS transmission charac- 
teristic of said packet-switched network; 

means for encoding said speech signal into speech data 
using said dynamically-selected speech codec; 

means for transmitting said speech data through said 
packet-switched network from said first MGW to said 
second MGW; and 

means for decoding said speech data at said second MGW 
using said dynamically-selected speech codec. 

12. The system recited in claim 11, further comprising 
means for communicating the identification of said 
dynamically-selected speech codec to said wireless tele- 
phony device. 

13. The system recited in claim 11, wherein said 
dynamically-selected speech codec is further selected as a 
function of an air-interface Quality Indicator (QI) provided 
by said wireless telephony device. 

14. The system recited in claim 11, wherein said 
dynamically-selected speech codes is selected from the 
group consisting of: 

Enhanced Full Rate; 
Full Rate; and 
Half Rate. 

15. The system recited in claim 11, wherein said at least 
one Quality of Speech (QoS) transmission characteristic of 
said packet-switched network is selected from the group 
consisting of: 

average packet-delay; and 
packet throughput. 

16. The system recited in claim 11, wherein said speech 
data is transmitted through said packet-switched network 
using an Internet Protocol (IP). 

17. The system recited in claim 16, wherein said speech 
data is transmitted through said packet-switched network 
using a User Datagram Protocol (UDP). 

18. The system recited in claim 16, wherein said speech 
data is transmitted through said packet-switched network 
using a Transport Control Protocol (TCP). 

19. The system recited in claim 11, further comprising 
means for routing said speech data decoded by said second 
MGW to a Public Switched Telephone Network (PSTN). 

20. The system recited in claim 19, wherein said means 
for decoding said speech data at said second MGW using 
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20 



said dynamically-selected speech codec comprises means 
for converting said speech data to Pulse Code Modulated 
(PCM) data. 

21. A Media Gateway (MGW) for dynamically optimiz- 
5 ing the transport of a speech signal received from a wireless 

telephony device through a packet-switched network, said 
MGW comprising: 

a Quality of Speech (QoS) monitor for determining at 
least one transmission characteristic of said packet - 
switched network intermediate to said MGW and a 
second MGW, the fidelity of speech transmitted 
through said packet-switched network being a function 
of said at least one QoS transmission characteristic; 
is a process for dynamically selecting a speech codec as a 
function of said at least one QoS transmission charac- 
teristic of said packet-switched network; 
an encoder for encoding said speech signal into speech 
data using said dynamically-selected speech code; and 
a transmitter for transmitting said speech data through 
said packet-switched network from said MGW to said 
second MGW. 

22. The MGW recited in claim 21, further comprising 
25 means for communicating the identification of said 

dynamically-selected speech codec to said wireless tele- 
phony device. 

23. The MGW recited in claim 21, wherein said 
dynamically-selected speech codec is further selected as a 

30 function of an air-interface Quality Indicator (QI) provided 
by said wireless telephony device. 

24. The MGW recited in claim 21, wherein said 
dynamically-selected speech codec is selected from the 
group consisting of: 

Enhanced Full Rate; 
Full Rate; and 
Half Rate. 

25. The MGW recited in claim 21, wherein said at least 
40 one Quality of Speech (QoS) transmission characteristic of 

said packet-switched network is selected from the group 
consisting of: 

average packet-delay; and 
45 packet throughput. 

26. The MGW recited in claim 21, wherein said speech 
data is transmitted through said packet-switched network 
using an Internet Protocol (IP). 

27. The MGW recited in claim 26, wherein said speech 
50 data is transmitted through said packet-switched network 

using a User Datagram Protocol (UDP). 

28. The MGW recited in claim 26, wherein said speech 
data is transmitted through said packet-switched network 
using a Transport Control Protocol (TCP). 

55 29. The MGW recited in claim 21, further comprising a 
mechanism for routing speech data received from said 
second MGW to a Public Switched Telephone Network 
(PSTN). 

30. The MGW recited in claim 29, further comprising an 
60 encoder for converting said speech data to Pulse Code 
Modulated (PCM) data for transmission through said PSTN. 
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